Abstract-Temporomandibular joint (TMJ) sound sources are generated from the two joints connecting the lower jaw to the temporal bone. Such sounds are important diagnostic signs in patients suffering from temporomandibular disorder (TMD). In this study, we address the problem of source separation of the TMJ sounds. In particular, we examine patients with only one TMJ generating "clicks." Thereafter, we consider the TMJ sounds recorded from the two auditory canals as mixtures of clicks from the TMD joint and the noise produced by the other healthy/normal TMJ. We next exploit the statistical nonstationary nature of the TMJ signals by employing the degenerate unmixing estimation technique (DUET) algorithm, a time-frequency (T-F) approach to separate the sources. As the DUET algorithm requires the sensors to be closely spaced, which is not satisfied by our recording setup, we have to estimate the delay between the recorded TMJ sounds to perform an alignment of the mixtures. Thus, the proposed extension of DUET enables an essentially arbitrary separation of the sensors. It is also shown that DUET outperforms the convolutive Infomax algorithm in this particular TMJ source separation scenario. The spectra of both separated TMJ sources with our method are comparable to those available in existing literature. Examination of both spectra suggests that the click source has a better audible prominence than the healthy TMJ source. Furthermore, we address the problem of source localization. This can be achieved automatically by detecting the sign of our proposed mutual information estimator which exhibits a maximum at the delay between the two mixtures. As a result, the localized separated TMJ sources can be of great clinical value to dental specialists.
I. INTRODUCTION
T EMPOROMANDIBULAR DISORDER (TMD) refers to most medical problems related to the region of the mandible (lower jaw) and the temporal bone. TMD is traditionally diagnosed by stethoscope auscultation. Hence, temporomandibular joint (TMJ) sounds have long been associated with TMD [2] - [5] . In our study, we consider the case where there is only one defective TMD joint, with the other joint as a healthy/normal one. 1 This particular scenario has already been addressed by Widmalm et al. [6] , [7] . However, these researchers regarded the "echo" recorded on the contra (opposite) side of the TMD joint as the lagged version of the TMD source. In this work, we consider the possibility that this echo can in fact be a mixture of the TMD source and the noise produced by the normal TMJ. Mathematically, our model of the observed sound measurements is represented as (1) where is the th TMJ mixture signal and represents additive zero mean white Gaussian noise at discrete time for . The parameters are the attenuation coefficients and are generally the noninteger time delays associated with the path from the th source to the th sensor (stethoscope). The problem of recovering from the mixtures can be formulated as that of blind source separation (BSS). Likewise, the mixing matrix can be defined as follows: (2) where denotes the unit delay. These delays are in terms of samples. Also, it is noted that the best audio information from the TMJ sources can be achieved by placing microphone sensors in the auditory canals [8] . For accuracy in modeling, we have considered to be fractional because we do not know the exact head size and speed of sound in the tissue.
In this work, the main assumptions made are as follows: 1) all the source signals are statistically nonstationary and sparse in the time-frequency (T-F) domain and 2) the mixing model (1) holds with mixing matrix (2) .
The aim of this paper is to address the problem of source separation of real TMJ sources. In [1] , we solve this TMJ separation problem by considering an anechoic model of the head, while in [9] , the mixing model was an instantaneous and underdetermined one. These studies were, however, carried out based on synthetic mixing of the TMJ sources. Guo et al. separated the biologically mixed TMJ sources by modeling the acoustic mixing system of the head as a convolutive one [10] . However, there exists one fundamental issue which has been not addressed by all these three studies, i.e., the statistical dependence of the TMJ sources. Whenever a person performs the following movement-opening-closing of the mouth-both joints operate in a synchronous fashion. Therefore, the statistical independence assumption of the TMJ sources is questionable. In contrast to these approaches, we will employ a T-F masking approach to perform source separation on the biologically mixed TMJ sounds. We believe that this approach is more suitable for this particular source separation, as we do not assume the statistical independence of the sources. The extensive literature on the T-F analysis of the TMJ signals also supports our approach and it will be discussed later [11] - [15] .
The organization of this paper is as follows; in the next section, we review briefly the background on the TMD and provide justifications of an anechoic model of the head. In addition, we overview the degenerate unmixing estimation technique (DUET) algorithm and explain how we can circumvent one of its nontrivial constraints to solve TMJ BSS. This is followed by a review on fractional delay. We close this section with a summary of our proposed source separation procedure. Thereafter, we present some experimental results to verify the effectiveness of our source separation technique. Subsequently, we provide some discussions on the estimated TMJ sources in Section IV. Last, we conclude in Section V.
II. BACKGROUND

A. Temporomandibular Disorder
The TMD encompasses most medical problems related to the region of the mandible (lower jaw) and the temporal bone. TMD is the most common nondental related chronic source of oral-facial pain [16] - [18] . Some 75% of the United States population will at some time have some of the signs and symptoms of TMD [19] , with a similar figure in the United Kingdom [16] . There are two well-known TMJ sounds: click and crepitus. Generally, the click is related to the displacement of the disc which holds the mandible and the temporal bone, and hence conveys the dysfunction of the TMJ. Likewise, the crepitus hints at the presence of a degenerative joint disease (e.g., osteoarthrosis). Therefore, poor detection of these sounds can lead to misdiagnosis of TMDs. A dental specialist has to differentiate between the TMJ sounds such as click, crepitus and noise produced by a "normal" joint. Besides, the inherently subjective classification of these TMJ sounds makes it hard for the clinicians to determine the correct pathology. This has led to controversy as in [16] , [20] , and [21] . It was also highlighted in [22] that patients, who did not exhibit symptoms of TMD, suffered from this disorder, hence illustrating that the diagnosis of TMD can be quite challenging. [6] , [7] . In their work, the possibility that the "echo" recorded on the contra side of the TMD joint is a mixture of the click produced by the TMD joint and the noise generated by the "normal" TMJ was not considered. Therefore, the main contribution of this study is to separate the TMJ sources from the TMJ mixture sounds recorded at the auditory canals. Hence, we can see that a 2 2 (two sources, two mixtures) BSS scenario portrays itself in the source separation of TMJ sounds. We take the same approach as Widmalm et al., who showed that the best audio information from the TMJ joints can be achieved by placing a pair of microphones in the auditory canals [8] . Even with the successful separation of the TMJ sources, we have to determine to which source, the left or the right TMJ, the sounds come to facilitate the task of the clinician. This gives rise to a localization problem, which will be discussed later. Next, we provide justifications for our assumption on the anechoic model of the human head.
B. Anechoic Model of the Human Head
Modeling the acoustic properties of the human head remains an open problem. The geometrical structure of the skull, coupled with the fact that the human head comprises soft tissue, layered bone, and brain tissue, has made it impossible to date to achieve an analytical solution of the acoustic properties of the brain and due to ethical reasons, direct measurements in a living human being is hardly possible [23] . Guo et al. made the assumption that the acoustic propagation model of the head was convolutive [10] , in the context of TMJ source separation. This intuitive assumption did not consider any physiological aspects of the human head and no existing literature review supports this convolutive model, to our best knowledge. The existence of acoustic multipaths within the human head is plausible, yet the acoustic attenuation within the brain reported in the literature suggests that these multipaths from one side of the head to the opposite side are negligible. Hence, we deem that an anechoic model of the head is reasonable due to the following arguments.
• Widmalm et al. demonstrated in their study that a contra (opposite side of the TMD joint) TMJ sound was a delayed version of its ipsi (the same side of the TMD joint) TMJ sound by only one lag [7] . This supports the fact that there is at most one "effective" acoustic path across the skull. • Furthermore, the higher frequencies (i.e., greater than 1200 Hz) of the ipsi TMJ sound were found to be severely attenuated in [8] when it propagated to the contra side which corroborates with the findings in [23] . Moreover, the spectrum of TMJ sounds has a bandwidth of 20-3200 Hz [8] , [24] . Hence, most of the energy content of the propagated TMJ sound is severely attenuated. This is clear by comparing the spectrum of the contra and the ipsi TMJ sounds in [8, Fig. 6 ]. This remark, regarding the significant loss across the human head, is also in agreement with the study of O'Brien et al., which indicated an acoustic loss of approximately 33 dB [25] . On this basis, the assumption of multipaths of the ipsi TMJ source to the contra side is questionable due to the significant energy loss of the ipsi TMJ source.
• In the illustrations of [10] , there is no evidence of reverberations. In fact, in [10, Figs. 1, 6, 7] , it is suggested that there is only one lag. Furthermore, Guo et al. stated that "When two channels show similar waveforms, with one lagging and attenuated to some degree, it can be concluded that the lagging signal is in fact the propagated version of the other signal" [10, Sec. 1.3] . This statement suggests that Guo et al. believed that the TMJ sound recorded from the contra side constitutes one lagged version of the ipsi TMJ source. In the sequel, we make the reasonable assumption that there is ultimately one "effective" acoustic path from one side of the head to the other side, considering the other possible paths to be negligible. Furthermore, simulation studies verify the validity of our anechoic model. Next, we review some major works that have been undertaken on TMJ signals from a T-F signal processing perspective.
C. Time-Frequency Analysis of TMJ Sounds
Several T-F analysis methods have already been performed (with TMJ sounds) mainly for classification purposes [11] - [15] . The success of these T-F approaches for the classification of TMJ signals stems mainly from the statistical nonstationary nature of TMJ sounds. Hence, as many researchers argue, T-F approaches enable us to pick up features that are not seen in the waveforms or in conventional power spectra [12] , [15] , [26] . Many of these approaches have their pros and cons. For example, the reduced interference distribution (RID) of Cohen's T-F family does not guarantee a nonnegative distribution, while suppressing interference and cross terms [12] . On the other hand, the main appeal of the short-time Fourier transform (STFT) is its simplicity to use, but it does not yield a high T-F resolution. However, the T-F resolution of the STFT can be improved via the evolutionary spectrum proposed by Akan et al. [12] . Throughout this study, the STFT is utilized to perform the T-F analysis of the TMJ sounds due to its simplicity. Nevertheless, we remind the reader that the focus of this manuscript is not to discuss the optimum T-F approach, but to demonstrate that we can exploit the statistical nonstationarity property of the TMJ sources to solve BSS. Hence, DUET which achieves source separation via T-F binary masking, is employed in this study. In the following section, we overview the DUET algorithm and demonstrate how we can accommodate this algorithm in the context of TMJ BSS.
D. DUET Algorithm in the Context of TMJ BSS
It is noted that this section is based on the materials provided in [7] and [27] . The main assumption used in the DUET approach is that the source signals are -disjoint orthogonal [27] . This concept can be viewed as a form of sparsity, and refers to the situation where at most a single source is active/dominant over any particular T-F interval. -disjoint orthogonality can be described as [27] ( 3) where is a given source signal and is another source signal. In our work, there are two sources: click, generated from a TMD joint, and a "normal" TMJ sound from that of the free-TMD joint. Gay et al. and Gallo et al. found that most of the energy of a "normal" TMJ sound was centered below 800 Hz [28] , [29] , while TMD joint sounds exhibited peaks greater than 800 Hz; see, for instance, [28, Fig. 5] . Furthermore, the time for each source to reach its contra side enforces our sparsity assumption. On this basis, we make the reasonable assumption that the TMD source does not overlap the "TMD-free" source in the T-F domain. Furthermore, Yilmaz and Rickard [27] demonstrated the robustness of their DUET technique even when the speech sources satisfy a weakened version of -disjoint orthogonality condition. Due to this sparsity assumption of only a single active/dominant source in a interval, we can see the estimate of the th source is (4) where the binary mask is defined as if otherwise (5) To establish which source is active/dominant within a particular interval or equivalently determination of the binary mask, the following can be performed. In the T-F domain, our mixing model can be expressed as (6) Due to the sparsity assumption, we know that in a particular interval, there is only one active/dominant source. Consider all intervals where only the th source prevails as . If we compute the following ratio: (7) regarding all the intervals within , we can see that this ratio is (8) where and . We can utilize this ratio to determine and , where and denote, respectively, the magnitude and the phase angle. These two features, i.e., and computed over the entire T-F domain can then be used to compute two cluster centers corresponding to two sources. The clustering procedure can be performed by the -means algorithm [30] . Thus, a interval pertaining to a particular active/dominant source is equivalent to its membership to the corresponding cluster center. On this basis, we can determine the binary mask. We now examine a nontrivial constraint imposed by this technique.
DUET requires the sensor spacing to be less than the distance the TMJ sound travels within one sample, if , where and denote, respectively, the sampling frequency and the maximum frequency of the source signal. In our work, this situation is impossible to implement, as the sensors are placed in the auditory canals. Mathematically, this constraint can be expressed as (9) where and is the maximum time lag determined by the microphone spacing [27] . We can also express (9) as (10) With reference to the work of Widmalm et al. in [7] , of the TMJ sounds within the brain was found to be in the range of 0.2-1.2 ms, while 0.16 ms, assuming 3200 Hz. As 12 kHz, corresponds to 2.4-14.4 samples and 1.9 samples. Likewise, the fact that our signal is oversampled by a factor of approximately 2, i.e., also explains why the delay between the microphones should be less than two samples. Therefore, we can see that the constraint of DUET is not fulfilled in our particular TMJ BSS scenario. Because we do not have access to , which depends on the maximum frequency present in the sources, we cannot alter its value. However, we do have control over which is governed by the "spacing" between the two sensors. Equivalently, the delay introduced by this "spacing" is simply the delay between the two mixtures. This delay can be canceled, if we delay one of the mixtures by . As Widmalm showed in [7] , the TMD joint sound propagates to the contra side in and he considered this contra laterally recorded "echo" as the delayed version of the TMD joint sound. Subsequently, only the mixture recorded in the auditory canal of the TMD side will be delayed. The determination of which side of the face corresponds to the TMD joint can be achieved by examining the sign of the delay which will be discussed later. In the following section, we review our fractional delay estimator first proposed in [1] to estimate the delay between the pair of TMJ sound mixtures.
E. Fractional Delay Estimator Based on Mutual Information
For discrete time signals, whenever we delay a signal by a noninteger delay , we require the computation of the subsample between and , where denotes the floor operation. To approximate this noninteger delay, we can formulate as [31] (11) where is the well-known Lagrange interpolation finiteimpulse response (FIR) filter defined as (12) where either when is even, or and when is odd, and round is the order of the filter, where round denotes rounding to the nearest integer.
The maximum-likelihood delay estimator (MLE) derived in [32] leads to a delay estimation of the form (13) where corresponds to maximizing the cross correlation between and . In [1] , we proposed to substitute with and maximize the mutual information (MI) between and instead of the cross correlation, i.e.,
MI (14)
We compare the correlation delay estimator method with that of MI in Fig. 1 on the basis of artificially constructed second-order autoregressive-filtered white noise signals (to approximate the TMJ signals) with known intersignal delay. For a fair comparison, the correlation delay estimator was also modified to enable estimation of fractional delay by substituting with in (13) . The absolute error between the delay estimates and the true value was obtained for each signal-to-noise ratio (SNR) value by averaging over 20 independent Monte Carlo simulation runs. Fig. 1 shows that the maximization of the MI algorithm yields a consistently better estimate of the fractional delay. Furthermore, the localization problem of TMJ sources is next addressed.
Localization of the Sources: We have to inform the clinician which source corresponds to which TMJ (i.e., left or right). We employ the MI as a measure of similarity between one estimated source and a mixture. For example, source is considered to be on the same side as if MI MI , otherwise is located on the adjacent side. Therefore, this solves our localization problem, because we know in which auditory canal we have placed our sensor for recording or . Now, we are in a position to conclude our overall algorithm given in the following section. , then corresponds in fact to the TMD side and denote it as , otherwise corresponds to the contra side of the TMD and label it as -. 4) Delay by . This can be achieved via (11). 5) Input and -to the DUET algorithm to compute (8) over the entire T-F domain and cluster these into two classes of and . From this clustering procedure, we can build the binary mask pertaining to the th source. As a result, and will be estimated via (4). 6) Estimate the MI between and -and and . 7) If MI MI -, then is the estimate of the TMD source and is the estimate of the non-TMD source, and vice versa.
III. SIMULATIONS
A. Electronic Acquisition of TMJ Sounds
One condenser microphone, 2 with a frequency band of 40-20 000 Hz, was placed in each auditory canal of a patient with one TMD joint with unilateral clicking. Ear plugs were utilized to hold in place the microphones in the auditory canal as well as to ensure a high SNR [33] . The microphones were connected to an audio console 3 whose sampling rate was set to 96 kHz, with a resolution of 24 bits. After the acquisition of the TMJ sounds, these TMJ signals were downsampled to 12 kHz, similar to the sampling frequency used by Sano et al. [22] before our source separation procedure was adopted. The patient considered in this study has clicks on closure of the mandible on the left TMJ. For comparison purposes, the source estimates of Infomax are also included in the simulation studies [10] . In this section, EDUET is used to denote the proposed method, while DUET refers to the original DUET approach.
IV. DISCUSSION Fig. 2 shows that our time delay estimator exhibits a maximum at samples which corresponds to the delay between the two TMJ sounds. This delay is equivalent to 0.86 ms and within the range of 0.2-1.2 ms found by Widmalm et al. [7] . From the topmost plot of Fig. 3 , we can see the synchronicity of two TMJ sounds. If we zoom in on the prominent peaks of the TMJ sounds in the lower two plots, it is clear that the right TMJ sound lags the left TMJ sound. This confirms that it is the left TMJ that generates clicks, as expected. On the other hand, the upper two plots of Fig. 4 illustrate the estimated EDUET sources by our approach. The signal is evidently the click source, while the absence of those prominent peaks in suggests that it is in fact the sound produced by the healthy/normal 2 Sony ECM 77B, Sony Corporation, Minato, Tokyo, Japan. 3 MOTU Traveler Firewire Audio Interface, MOTU, Cambridge, MA. Since it is the right TMJ which is "normal," we expected its spectrum to have a similar shape to that of a "normal" TMJ illustrated in [28, Fig. 5 ] and in the only figure of [29] , which is indeed the case. However, note the closeness of the right TMJ spectrum with that of the left TMJ spectrum from the range of about 800 to 1500 Hz. This indicates that our right TMJ spectrum is in fact contaminated with the clicks from the left TMJ. This was evident in the study of Widmalm et al. [6] , [7] . Likewise, we compare the spectrum of the estimated sources in the right-hand plot of Fig. 6 . As expected, the spectrum of (considered as the healthy TMJ sound) is severely attenuated above 800 Hz which can also be observed in [28, Fig. 5] and in the only figure of [29] for the case of a "normal" TMJ sound. Similarly, the spectrum of in the proximity of 1 kHz is much higher than , indicating that corresponds to the sound generated by the TMD side. The human ear is most sensitive to the frequency range of 1000-3200 Hz. Therefore, Fig. 6 indicates that considered as the click source, has a better audible prominence as compared to generated by the "normal" joint.
V. CONCLUSION
The delay found in this study is in agreement with the work of Widmalm et al. [7] . We have made the reasonable assumption of an acoustic anechoic model of the human head, based on the arguments in Section II-B. As a second outcome of this Fig. 3 . Upper plot shows the two TMJ mixtures, one underneath the other one to illustrate their synchronized mechanism. This is clear by the coincidence of the prominent peaks of both TMJ sound mixtures pointed out by the arrows. These peaks are zoomed on in the lower two plots. The time difference between the left and the right TMJ mixtures corresponds to approximately 11 samples, which is in agreement with the peak in Fig. 2 . Fig. 4 . Upper two plots show the estimated sources by our proposed approach EDUET. Note the absence of those prominent peaks in s (t), which suggests that it corresponds to noise generated by the healthy joint. The lower two plots illustrate the estimates of convolutive Infomax [10] . The arrows point to the components present in both estimates of Infomax, indicating the presence of clicks in both estimates. work, we have utilized the estimated delay between the TMJ sounds to overcome the nontrivial constraint of DUET regarding the microphone separation. This novel extension to DUET allows for an essentially arbitrary spacing of the sensors, which might have other potential applications such as in speech source separation. Furthermore, Yilmaz and Rickard demonstrated that DUET had a reasonable performance in a convolutive scenario where the reverberation was 500 ms and five sources (underdetermined source separation) [27] . In contrast to this scenario, first, it is unlikely that the reverberation within the head is as long as 500 ms; second, we know a priori that there are only two sources (determined source separation). Hence, our scenario is "simpler," and justifies the use of the DUET in the separation of the TMJ sources. Also, convolutive Infomax achieves a better degree of statistical independence between its estimates than the EDUET approach due to its lower value of mutual information. Nonetheless, Fig. 4 demonstrates that both Infomax estimates share common click components. The similarity between the spectra of "normal" TMJ sound and clicks presented in [28] and [29] and those of the EDUET estimates confirms the successful separation of the TMJ sources. By performing a manual Fig. 6 . Spectra via the Welch power spectral density method of the TMJ mixtures in the left-hand plot and of the estimated EDUET sources in the right-hand plot. Take notice of the closeness of the two TMJ mixtures spectra for the interval from 800 to 1500 Hz, indicating that the click is present in both TMJ sounds. Also, it is noteworthy to say that the spectrum of s (t) is severely attenuated for frequencies greater than 800 Hz compared with that of s (t), suggesting the successful extraction of the clicks from the right TMJ sound. Note the strong similarity between the spectra of the estimated sources and [28, Fig. 5] where the authors compared the spectrum of a "normal" TMJ sound with that of click sounds.
examination of the TMJ sources and the TMJ sound mixtures, we can localize which TMJ source corresponds to which side. However, if there is a need for a computerized localization, we can employ the mutual information as explained in Section II-F. These separated localized TMJ sounds can be of great clinical value to dental specialists and clinical scientists. Future work will entail application of the proposed method on a much wider database of recordings, but this will be a lengthy process due to clinical and ethical protocols.
